and B B B1 (f ) x;y ; B B B2 (f ) x;y as in (4) for f1 (u; u); f2 (u; u), respectively.
In addition, B B B1
(f ) (f ) 0 ) 1 (19) and express the rank condition [(H H H T ) [n] jn=1 is full rank by assumption] as the generic diagonal element of K K K1 g (20) for m = 1; 2; 1 11;K: Substituting into (20) (18) , with g1(u; u); g2(u; u), we obtain conditions (13) and (14) .
A Wavelet Time-Scale Deconvolution Filter Design for Nonstationary Signal Transmission Systems through a Multipath Fading Channel
Bor-Sen Chen, Yue-Chiech Chung, and Der-Feng Huang Abstract-This study attempts to develop a time-scale deconvolution filter for optimal signal reconstruction of nonstationary processes with a stationary increment transmitted through a multipath fading and colored noisy channel with stochastic tap coefficients. A deconvolution filter based on wavelet analysis/synthesis filter bank is proposed to solve this problem via a three-stage filter bank. A fractal signal transmitted through a multipath fading and noisy channel is provided to demonstrate the design procedure's effectiveness and to exhibit the signal reconstruction performance of the proposed optimal time-scale deconvolution filter.
Index Terms-Fading channels, fractal signal, wavelet.
I. INTRODUCTION
There has been considerable research on the signal reconstruction (deconvolution) of a stationary signal in a time-invariant channel [1] - [6] , [10] , [16] , [17] . Signal transmission is seriously affected by the nonstationary environment, i.e., the so-called multipath fading effect [18] , [25] , [28] . Currently, efficiently treating the reconstruction problem in the multipath fading channel case is a relatively difficult task. Adaptive filtering algorithms have been developed to estimate the coefficients of a channel to update the reconstruction filter [9] , [21] , [27] . However, a large amount of computation is necessary to update the adaptive algorithm in every sampling time. Furthermore, if the transmission channel is time-varying fading and signals are nonstationary, constructing a real-time adaptive deconvolution filter is not easy.
Chen and Lin [3] addressed the restoration problem of fractal signal [7] , [8] , [12] , [14] , [23] on a linear time-invariant channel by the wavelet filter bank method. However, multipath fading in the transmission channel with stochastic tap coefficients and colored noise is considered in this work. To the best of our knowledge, there is still not an efficient way of treating the important deconvolution problem of a nonstationary signal transmitted through a multipath time-varying fading channel.
In this framework, we prove that the output of a fading channel with a stationary increment process as the input is still a stationary increment property. Then, a wavelet analysis filter bank is first developed to transform the transmitted signal from the time domain to the time-scale domain. Then, in each subband of the wavelet filter bank, a Wiener filter is designed to optimally reconstruct the transmitted signal in the time-scale domain. Finally, a wavelet synthesis filter bank is developed to transform the estimate of the transmitted sequence in the time-scale domain back to the estimate of transmitted sequenceŝ(t) in time domain (see Fig. 1 ). 
II. PROBLEM DESCRIPTION
In this work, the received signal is described as [27] 
where h i (t) impulse response of the transmission channel; g i (t) impulse response of the channel noise; s(t) transmitted signal; (t) additive noise; y(t) received signal; Ts sampling period. In this study, the channel is modeled as hi(t) = hi +hi(t), where h i is a constant mean, andh i (t) is a zero-mean stationary and uncorrelated scattering process [27] , that is
where 3 denotes the complex conjugate. The following assumptions are imposed on (1).
AS1)
The input signal fs(t)g and noise f(t)g are both zero mean nonstationary processes with stationary increment [26] , independent with each other and independent of the models hi(t) and gi(t), respectively.
AS2) The channel models g i (t) and h i (t) are assumed to be finite and satisfy the consistent condition [26] , that is, all the realization of the coefficients of these models must be finite. Our signal deconvolution design problem attempts to reconstruct the input sequence fs(t)g from the received signal y(t) in the signal transmission system in (1).
III. MULTISCALE WIENER FILTER BANK IN TIME-SCALE DOMAIN
We first show that a stationary increment process passing through the multipath fading channel is still a stationary increment. The wavelet transform of the output is of a stationary increment. Consider a stationary increment process s(t), that is, for any t; > 0, fs(t+)0s(t)g d = fs()0s(0)g, where fx(t)g d = fy(t)g means that the process x(t) is identical to the process y(t) in probability distribution. Now, consider the process z(t + ) 0z(t 
where 1 denotes the inner product in R K : Further, by the stationary increment of s(t), we obtain That is, the process z(t) = K01 i=0 [h i +h i (t)]s(t 0i) is a zero mean stationary increment process. In practical signal processing, a physical device can only measure a signal at a finite scale. The impulse response of a transmission channel is also measured in discrete data. In general [13] , [19] , [20] , s(n) and y(n) are assumed to be of scale 0, that is, s(n) = A where 3n denotes the convolution operation with respect to (w.r.t.) n, and h i (n); g i (n) are the impulse responses of channel and noise model, respectively. The multiscale convolution system of (5) via undecimated wavelet transformation can be written as [3] After the orthogonal wavelet transform, the nonstationarity of the signal can be mitigated [22] , [23] , [26] . Therefore, the multiscale signalD Following the scheme in [3] and the analysis in [7] and [26] , the wavelet transform of the received signal is stationary at each scale m. The multiscale deconvolution filter is split into three stages.
• The first stage is a undecimated wavelet transform that keeps the shift-invariant property.
• The second stage is the Wiener filter bank.
• The third stage is an inverse undecimated The related properties can be found in [3] .
Combining (4) with (6), the multiscale signalsD n m y are stationary in the mth subband of wavelet filter bank. Now, the estimation problem is to design a subband Wiener filter to reconstructD n m s as possible and then via the inverse undecimated wavelet transform to synthesize from coarse-to-fine scales by the recursive algorithm shown in [3] .
Referring to Fig. 2 , the current problem involves finding an optimal deconvolution filterF m (z) in the mth subband such that According to Parseval's theorem [11] , [16] , the MSE of J m can be expressed as
where The functional J m is to be minimized w.r.t. F m (z). Let us substitute F m (z) =F m (z) + (z), where is an arbitrarily small real number, and (z) is any realizable function with all poles in jzj < 1 [3] , [4] , [11] , [16] into (7) . The optimum value of J m will be obtained from the conditions [3] , [16] 
Once the multiscale Wiener filter bank has been derived as in (13) The input signal we considered in this example is a self-similar process with index H = ( 0 1)=2 and a stationary increment (HSSSI) [24] .
The channel models hi(n) and gi(n) are independent stochastic processes with the parameters i = i = 0:999, h i = g i = . The lag l is set to 12, and the number of the subband M = 4. The Haar wavelet is used in the simulation.
Based on the Wiener filter bank (12) , Monte Carlo simulations were performed by 30 sets of multipath fading channels generated by stochastic channel model. The input sequence fs(n)g was transmitted through 30 sets of multipath fading channels, respectively. However, the same deconvolution filter based on (13) was used to treat the signal reconstruction problem. The average of 30 simulation results was used to evaluate the reconstruction performance of the time-scale deconvolution filter. We define the reconstruction performance as SNRr def = 10 log 10 (Var(s(n))=Var(e(n))) (dB), where e(n) = s(n) 0ŝ(n) denotes the reconstruction error. In addition, the input signal-to-noise ratio is defined as SNRs def = 10 log 10 (Var(s(n))=Var(z(n))) (dB), where z(n) = K01 i=0 g i (n 0 i): The two reconstruction performances are defined to illustrate the reconstruction performance under different circumstances.
The input fractal signal and the received signal are demonstrated in Figs. 3 and 4 , respectively. In Fig. 5 , the reconstructed signal by the proposed wavelet-based deconvolution filter is illustrated with SNR s = 20 dB and SNR r = 16:56 dB, and the reconstructed signal by the conventional Wiener filter with SNR r = 11:39 dB is shown in Fig. 6 . The comparison of the conventional Wiener method and the proposed method is shown in Fig. 7 for different SNR s cases.
V. CONCLUSION
In this work, a more general deconvolution design problem in the signal transmission system is studied. A time-scale deconvolution filter has been developed for the first time to treat the optimal reconstruction problem of a stationary increment signal transmitted through a multipath fading channel with stochastic tap coefficients. A new time-scale deconvolution filter design is proposed using a wavelet filter bank equipped with a Wiener filter bank for signal reconstruction. Unlike the adaptive design method, which must be updated in every sampling time, the proposed deconvolution filter is developed with a simple and closed-form solution, and the optimal reconstruction performance is also guaranteed. According to the simulation results, the proposed time-scale deconvolution filter design achieves an extremely satisfactory performance.
